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(57) ABSTRACT

An embodiment improves the quality of sound rendition dur-
ing restitution of sound and picture originating from a source
signal exhibiting temporal drift. To restore the sound and the
pictures at a selected fixed picture rate, a picture sequence 1s
calculated at the selected rate on the basis of the pictures of
the source signal, and the sound of the source signal 1s
sampled so as to obtain a sampled sound signal having a
selected number of sound samples per picture of the source
signal. The calculated picture sequence and the sampled
sound signal are restored 1n a manner synchronized with the
reception of the source signal. The sampled sound signal 1s
restored without a change of pitch, with an adjustment of
timing as a function of the ratio between the selected picture
rate and the variable picture rate.

21 Claims, 5 Drawing Sheets
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METHOD AND DEVICE FOR RESTORING
SOUND AND PICTURES

BACKGROUND OF THE INVENTION

1. Field of the Invention

The disclosure pertains to video reproduction devices and
more particularly, to systems and methods for improving the
sound of an audio/video signal whose picture frequency tluc-
tuates.

2. Description of the Related Art

Analog video cassette recorders are film recording and
reproduction appliances that are widely used at present. A
problem with video cassette recorders stems from the control
of the running speed of the magnetic tape which may vary by
+/—10%. With a new video recorder and a magnetic tape 1n
good condition, the range of variation 1s not as big and the
variations compensate for one another over the duration of a
film. When the video recorder 1s worn and/or the tape 1is
damaged (too old), the range of variation increases and the
variations may no longer compensate for one another. Such a
variation 1n speed slows down or accelerates the picture rate
and the sound band. While viewing, the drift of the picture 1s
righted through line and frame synchronization information.
I1 the drift of the band 1s too big, the picture may “jump”, that
1s to say from time to time a picture 1s lost or doubled up. The
sound rate 1s also slowed down or accelerated, thereby
decreasing or increasing the sound frequency. Moreover, the
fluctuation in the running speed causes a phenomenon of
“wow’” on the sound, which 1s rather unpleasant to the ear.

Analog video recorders are products approaching the end
of their life. They are currently being replaced with digital
players/recorders. Digital players/recorders have the particu-
lar feature of storing the sound and the pictures 1n the form of
coded digital data allowing superior sound and picture quality
to that of analog video recorders while ensuring constant
quality of reproduction independent of wear to the medium
and/or the player.

BRIEF SUMMARY OF THE INVENTION

An embodiment of the invention improves the sound signal
during playback carried out simultaneously with recording
from an audio/video source that may include time drift. More
generally, an embodiment of the invention improves the qual-
ity of sound rendition during restitution of sound and picture
originating from a source signal exhibiting temporal driit.

An embodiment of the mvention proposes a method of
restoring sound and pictures at a selected picture rate, com-
prising the steps of:

receiving a source signal having sound and pictures at a
variable picture rate;

calculating a sequence of pictures at the selected picture
rate on the basis of the pictures of the source signal;

sampling the sound of the source signal so as to obtain a
sampled sound signal having a selected number of sound
samples per picture of the source signal; and

restoring the calculated picture sequence and the sampled
sound signal, in a manner synchronized with the reception of
the source signal.

According to an embodiment of the invention, the sampled
sound signal 1s restored substantially without any change of
pitch, with an adjustment of timing as a function of the ratio
between the selected picture rate and the vaniable picture rate.

By moditying the timing of the sound restored in DLT
mode, 1t 1s possible to adapt 1t to the restitution tempo
imposed by the source, without audibly affecting the spec-
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trum of the signal. The ear of the user, who wants to verity in
real time the quality of the recording that he 1s making, 1s
generally much less sensitive to (limited) variations in the
sound restitution timing than to variations 1n pitch.

Various techniques of timing modification not affecting the
pitch of the sound signal are well known 1n the field of audio
signal processing, and are applicable in the method according
to an embodiment of the invention.

In an embodiment, the timing adjustment comprises the
steps of chopping the sampled sound signal into sequences of
given length, modifying each sequence so as to lengthen 1t or
shorten 1t 1n such a way that the length ratio between the
modified sequence and the sequence of given length 1s equal
to the ratio between the selected picture rate and the variable
picture rate, assembling an output sound signal on the basis of
the modified sequences.

The lengthening of a sequence of given length comprises
the copying of a part of the said sequence at the end of the
sequence, and the shortening of a sequence comprises the
deletion of a part of the said sequence. The assembling of the
output sound signal then comprises a progressive mixing of
two adjacent modified sequences.

As a variant, the modifying of a sequence of given length
comprises the steps of carrying out a Fourier transform of the
said sequence to obtain a transformed sequence, and carrying,
out an inverse Fourier transform of the transformed sequence
over a duration corresponding to the duration of the modified
sequence so as to obtain the modified sequence. The assem-
bling of the output sound signal comprises a progressive
mixing of two adjacent modified sequences.

According to a second aspect, an embodiment of the mnven-
tion proposes a device improving the quality of the signal
originating from a source signal exhibiting time drift. An
embodiment of the device for restoring sound and pictures at
a selected picture rate comprises:

means for recerving a source signal having sound and pic-
tures at a variable picture rate;

means for calculating pictures so as to produce a sequence
of pictures at the selected picture rate on the basis of the
pictures of the source signal;

means for sampling the sound of the source signal so as to
obtain a sampled sound signal having a selected number of
sound samples per picture of the source signal;

means for restoring the calculated picture sequence and the
sampled sound signal, 1n a manner synchronized with the
reception of the source signal; and

means ol timing adjustment so that the sampled sound
signal 1s restored substantially without any change of pitch,
with a timing adjusted as a function of the ratio between the
selected picture rate and the variable picture rate.

Another aspect pertains to a digital video player/recorder
comprising;

means for recerving a source signal having sound and pic-
tures at a variable picture rate;

means for calculating pictures so as to produce a sequence
ol pictures at the selected picture rate on the basis of the
pictures of the source signal;

means for sampling the sound of the source signal so as to
obtain a sampled sound signal having a selected number of
sound samples per picture of the source signal;

means of recording the calculated picture sequence and the
sampled sound signal on a digital recording medium;

means of audio and video restitution, that can be activated
in a simultaneous recording and restitution mode so as to
restore the calculated picture sequence and the sampled
sound signal 1n a manner synchronized with the reception of
the source signal; and
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means of timing adjustment, activated in the simultaneous
recording and restitution mode so that the sampled sound
signal 1s restored substantially without any change of pitch,
with a timing adjusted as a function of the ratio between the
selected picture rate and the vanable picture rate.

The digital recording medium may comprise, for example,
an optical disk, DVD, magnetic disk, hard disk, magnetic
tape, non-volatile electronic memory, etc.

In one embodiment, a method of restoring sound and pic-
tures at a selected picture rate comprises the steps of: recerv-
ing a source signal having sound and pictures at a variable
picture rate; calculating a sequence of pictures at the selected
picture rate based on the pictures of the source signal; sam-
pling the sound of the source signal so as to obtain a sampled
sound signal having a selected number of sound samples per
picture of the source signal; and restoring the calculated pic-
ture sequence and the sampled sound signal, 1n a manner
synchronized with the reception of the source signal, wherein
the sampled sound signal 1s restored substantially without
change of pitch, with an adjustment of timing as a function of
the ratio between the selected picture rate and the variable
picture rate.

In one embodiment, the calculated picture sequence 1s
restored by selectively deleting or repeating certain pictures
of the said sequence, the deletion or repetition being con-
trolled as a function of the ratio between the selected picture
rate and the variable picture rate, with an interpolation
between successive pictures. In one embodiment, the picture
sequence and the sampled sound signal are recorded on a
digital recording medium during their synchronized restitu-
tion. In one embodiment, the timing adjustment comprises
the steps of: chopping the sampled sound signal 1nto
sequences of given length; modifying the length of each
sequence so that aratio between the modified sequence length
and the sequence of given length 1s substantially equal to a
rati1o between the selected picture rate and the variable picture
rate; and assembling an output sound signal on the basis of the
modified sequences.

In one embodiment, moditying the length of a sequence of
given length comprises a copying of a part of said sequence at
the end of the sequence and the assembling of the output
sound signal comprises a progressive mixing of two adjacent
modified sequences. In one embodiment, modifying the
length of a sequence of given length comprises a deletion of
a part of the sequence and the assembling of the output sound
signal comprises a progressive mixing of two adjacent modi-
fied sequences. In one embodiment, modifying a sequence of
given length comprises the steps of: carrying out a Fourier
transiorm of said sequence to obtain a transformed sequence;
and carrying out an inverse Fourier transiform of the trans-
tormed sequence over a duration corresponding to a duration
of the modified sequence so as to obtain the modified
sequence; wherein the assembling of the output sound signal
comprises a progressive mixing of two adjacent modified
sequences.

In one embodiment, a device for restoring sound and pic-
tures at a selected picture rate comprises: means for receiving,
a source signal having sound and pictures at a variable picture
rate; means for calculating pictures so as to produce a
sequence of pictures at the selected picture rate on the basis of
the pictures of the source signal, means for sampling the
sound of the source signal so as to obtain a sampled sound
signal having a selected number of sound samples per picture
ol the source signal; means for restoring the calculated pic-
ture sequence and the sampled sound signal, 1n a manner
synchronized with the reception of the source signal; and
means of timing adjustment so that the sampled sound si1gnal
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1s restored substantially without change of pitch, with a tim-
ing adjusted as a function of the ratio between the selected
picture rate and the variable picture rate.

In one embodiment, a digital video player/recorder com-
prises: means for recerving a source signal having sound and
pictures at a vaniable picture rate; means for calculating pic-
tures so as to produce a sequence of pictures at the selected
picture rate on the basis of the pictures of the source signal;
means for sampling the sound of the source signal so as to
obtain a sampled sound signal having a selected number of
sound samples per picture of the source signal; means of
recording the calculated picture sequence and the sampled
sound signal on a digital recording medium; means of audio
and video restitution, that can be activated 1n a simultaneous
recording and restitution mode so as to restore the calculated
picture sequence and the sampled sound signal 1n a manner
synchronized with the reception of the source signal; and
means of timing adjustment activated in the simultaneous
recording and restitution mode so that the sampled sound
signal 1s restored substantially without change of pitch, with
a timing adjusted as a function of the ratio between the
selected picture rate and the varniable picture rate. In one
embodiment, the means of audio/video restitution comprises:
a chopper; a length modifier; and a combiner.

In one embodiment, a method of modifying a signal com-
prises: recerving an audio-visual signal having a variable
picture rate; generating a sequence ol video images at a
selected picture rate from the received audio-visual signal;
sampling the recerved audio-visual signal so as to obtain a
sampled sound signal; chopping the sampled sound signal
into sequences of a selected length; and modifying the length
of a first sequence of the sequences of a selected length to
obtain a first modified sequence, wherein a ratio between the
first modified sequence length and the selected length 1s
approximately equal to a ratio between the selected picture
rate and the variable picture rate. In one embodiment, modi-
tying the length of the first sequence comprises: copying a
portion of the first sequence at an end of the sequence; apply-
ing an attenuating function to the end of the first sequence;
applying a complementary attenuating function to an end of
copied portion of the first sequence; and progressively mixing
the first sequence and the copied portion of the first sequence.
In one embodiment, modilying the length of the first
sequence comprises: deleting a portion of the first sequence at
an end of the first sequence. In one embodiment, modifying
the length of the first sequence comprises: carrying out a
Fourier transform of the first sequence to obtain a transformed
sequence; and carrying out an inverse Fourier transform of the
transformed sequence over a duration corresponding to a
duration of the first modified sequence so as to obtain the first
modified sequence. In one embodiment, the method further
comprises: modifying the length of a second sequence of the
sequences of a selected length to obtain a second modified
sequence; and progressively mixing the first and second
modified sequences. In one embodiment, progressively mix-
ing the first and second modified sequences comprises: apply-
ing an attenuating function to an end of the first modified
sequence; and applying a complementary attenuating func-
tion to an end of the second modified sequence.

In one embodiment, a video player comprises: an analog-
to-digital converter; a shaper communicatively coupled to the
analog-to-digital converter and comprising: a picture proces-
sor; and a sound processor having: a sequence chopper; a
sequence length modifier; and a modified sequence combiner.
In one embodiment, the video player further comprises: an
encoder communicatively coupled to the analog-to-digital
converter; a digital storage device communicatively coupled
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to the encoder; and a decoder communicatively coupled to the
digital storage device and to the shaper. In one embodiment,
the video player further comprises: a controller coupled to the
analog-to-digital converter and to the shaper and configured
to generate control signals to control the sound processor.

BRIEF DESCRIPTION OF THE SEVERAL
VIEWS OF THE DRAWINGS

FIG. 1 represents a digital player/recorder according to an
embodiment of the invention;

FIGS. 2 and 3 illustrate example temporal distortions of
analog signal compensated so as to be recorded on a digital
medium;

FIGS. 4 and 5 illustrate an example of the reproduction of
the video and audio signals at a selected picture rate on the
basis of a source signal at a variable picture rate;

FIGS. 6 and 7 illustrate two examples of drop in timing of
the audio signal;

FIG. 8 1llustrates an example of increase 1n timing of the
audio signal; and

FIG. 9 illustrates another example of timing adjustment.

DETAILED DESCRIPTION OF THE INVENTION

Although of inferior quality to a digital recording, certain
f1lms, 1n particular family films, will 1n due course be trans-
ferred from a wvideo recorder magnetic tape to a digital
medium so that they can be watched in the future. During the
digital coding of a film originating from an analog medium, 1t
1s possible to improve 1t. The fluctuations 1 runout of the
magnetic tape are 1n particular compensated so as to improve
the quality of the sound and of the picture.

It 1s known 1n particular to digitize the pictures by using the
line and frame synchronizations present on the tape to syn-
chronize the sampling. Thus, the pictures are all digitized
independently of the running speed of the magnetic tape.
During reproduction, playback always occurs at the right
picture rate.

The sound 1s sampled at the reproduction frequency, which
1s for example 48 KHz for a DVD. Next, a correction 1s carried
out so as to compensate for the drift 1n the speed of the
magnetic tape by using the synchronization of the pictures to
compensate for the drift. An over- or under-sampling 1s car-
ried out after receipt of each picture so as to bring the number
of sound samples per picture to a selected value, for example
960 samples per picture for frames clocked at S0 Hz. During
reproduction at normal speed, the sound 1s 1improved with
respect to the playing of the analog recording.

A problem arises however 11 one wishes to view the digital
film while recording. This mode, called DLT (*Digital Loop
Tf’lrough”) allows the user to control 1n real time the quality
of the digital signal saved. Viewing 1s done at a selected
plcture rate, typically 350 or 60 Hz depending on the country,
as 1n the subsequent viewings. To avoid excessive temporal
drift between the pictures produced by the analog video
recorder and the pictures displayed in DLT mode, a digitized
picture 1s deleted from time to time (when the instantaneous
speed of the video recorder 1s too high), or repeated from time
to time (when the imnstantaneous speed of the video recorder 1s
too low). This deletion/repetition process 1s controlled with
the aid of the line and frame synchromization information, as
in a video recorder.

A known improvement consists in extrapolating the pic-
tures with motion correction. Thus, the phenomenon of pic-
ture jump 1s less noticeable. The quality of the sequence of
recalculated pictures 1s better than at the output of a video
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6

recorder. However, there 1s no similar solution making 1t
possible to obtain a synchronized sound of better quality than
that provided by the video recorder.

The sound must be restored while preserving its synchro-
nization with respect to the display of the pictures. The same
deletion/repetition process pinned on the line and frame syn-
chronization information cannot be applied to the sound with-
out causing clearly audible noise.

One 1s then led to change the sampling frequency for the
restitution 1 DLT mode of the digital sound recorded. The
drawback of this solution 1s that the sound 1s restored with the
same distortion as on the magnetic tape. The user cannot
perform the desired control.

FIG. 1 represents a digital player/recorder 10. By way of
example, the data recording medium or support 1s an optical
disk 5 of DVD type. However, the recording support may be
replaced with some other type of optical disk or else any other
type of digital data support or medium such as a magnetic
disk, for example a hard disk, or else a magnetic tape or a
non-volatile electronic memory, for example of flash memory
type.

The player recorder comprises:

an analog signal mput receving an analog audio/video
signal;

an analog/digital conversion circuit or converter 1 trans-
forming the audio/video analog signal into a digital video
signal and into a digital audio signal;

an encoding circuit or encoder 2 recerving the digital audio
and video signals so as to transform them into digital data
stream to be recorded;

a read/write circuit or module 3 recerving the data stream to
be recorded and providing a stream of read data, the read/
write circuit 3 being linked to a read/write head 4 so as to read
and/or write data on the optical disk 5, and also being linked
to a motor 6 which controls the speed of rotation of the disk 5;

a decoding circuit or decoder 7 receiving the data stream
read so as to transform 1t into a digital video signal and a
digital audio signal;

a shaping circuit or shaper 8 recerving the digital audio and
video signals and transforming them into analog audio and
video signals provided on two outputs destined for an audio
amplification chain and for a viewing device, and

a control circuit or synchronizer 9 assisting the synchroni-
zation of the shaping circuit 8 with the aid of information
originating from the analog/digital conversion circuit 1 dur-
ing reproduction performed while recording.

The analog/digital conversion circuit 1 receives the analog
audio/video signal which may include a time drit related for
example to a source of analog video recorder type. The ana-
log/digital conversion circuit 1 moreover facilitates compen-
sation for the time drift of the source signal.

The various circuits or modules of the digital player/record
10 may be implemented 1n a variety of ways, including as
combined systems or as separate systems. The various cir-
cuits or modules may be implemented as one or more micro-
processors, digital signal processors (DSP), application-spe-
cific mtegrated circuits (ASIC), or the like, or as a series of
instructions stored 1n a memory and executed by a controller,
or various combinations of the above. Thus, software modi-
fications to existing hardware may allow the implementation
of the digital player/recorder 10. Various subsystems, such as
shaping circuit or module 8, are 1dentified as separate blocks
in the functional block diagram of FIG. 1 because they per-
form specific functions that will be described 1n more detail
below. These subsystems may be discrete units. For example,
the shaping circuit or module 8 may be implemented with a
discrete circuit. The subsystems also may not be discrete units
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but may be functions of a software routine, which will prob-
ably, but not necessarily, be separately callable and hence
identifiable elements. The various subsystems may be com-
bined. For example, all or portions of the chopping circuit or
module 82 may be integrated into the modification circuit or
module 83.

The time dnit of the source signal may be positive or
negative. FIG. 2 illustrates an example audio/video signal 100
slowed down with respect to an 1deally synchronized audio/
video signal 101. FIG. 3 i1llustrates an example audio/video
signal 102 accelerated with respect to the ideally synchro-
nized audio/video signal 101. In both cases, the duration
corresponding to a picture, a picture line, a pixel or to a sound
portion associated with a picture 1s found to be longer or
shorter than for the 1deal audio/video signal 101.

By way of example, the analog audio/video signal 1s a PAL
(or NTSC) type signal. The signal comprises line, frame and
picture synchronization information. A picture comprises
two frames and 625 lines in PAL (or 325 lines in NTSC). The
audio signal 1s mixed with the video signal and undergoes the
same temporal deformation as the video.

To digitize the sound and the pictures, a separation of the
video signal and of the audio signal 1s carried out. For the
video, the line frequency 1s measured for each line, this mea-
surement being calculated on the basis of the line synchroni-
zation pulses. On the basis of the line frequency, a pixel
sampling frequency 1s calculated by multiplying the line fre-
quency by the number of pixels 1n a line, for example 352. The
video signal 1s then sampled at the sampling frequency to
obtain a data stream representing pixels, for example in RGB
components on 24 bits. The line, frame and picture synchro-
nization signals are recovered and incorporated into the
stream of pixel data to synchronize the pixels so as to obtain
a digital video signal.

For the sound, the audio signal 1s sampled at a selected
frequency, for example the sampling frequency of a DVD, for
example 48 kHz. The circuit 1 counts the samples of sound
between two successive video frame synchronization queues.
During the reproduction of the video sequence from the disk,
the frequency of the frames becomes a selected frequency of
for example 50 Hz. To preserve synchronization between the
sound and the pictures, the number of samples per frame or
picture may be kept constant, for example 960 samples per
frame or 1920 samples per picture (for a sampling frequency
of 48 kHz and a frame frequency of 50 Hz). As a function of
the ratio between the number of samples counted for a frame
or picture and this constant number, an oversampling or an
undersampling of the audio signal 1s carried out to obtain the
desired number of samples.

Another possibility of sampling the sound may consist 1n
slaving the sampling frequency to the measured line fre-
quency. Such sampling also facilitates obtaining the desired
number of samples per frame 1n the presence of a time drift of
the analog audio/video signal.

The sound samples are grouped together into data packets,
cach packet corresponding to a video frame. The whole set of
data packets constitutes a digital audio signal. The synchro-
nization between the digital audio signal and the digital video
signal 1s carried out by identifying the corresponding frames.

The encoding circuit 2 receives the digital audio and video
signals and carries out a compression and a formatting of
data, for example, according to a known standard such as for
example MPEG2. However, 1t 1s entirely concervable to use
some other formatting standards such as for example MPEG4
or DIVX. After the compression and formatting of the data, a
data stream to be recorded 1s provided to the read/write circuit

3.
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The read/write circuit 3 serves to write and read data on the
DVD disk 3. For this purpose, the circuit 3 controls and
commands the positioning of the read head 4 and the speed of
the motor 6. The read/write circuit 3 controls the writes and
the reads of data on the disk 5 according to any suitable
technique. The digital storage assembly 11 comprising the
read/write circuit 3, the read head 4, the disk 5 and the motor
6 may be dimensioned so as to perform read and write opera-
tions more rapidly than the nominal read and/or write speed
so as to be able to perform a write of a data packet followed by
the reading of this same data packet with a data rate such that
these two operations are performed 1n real time.

The decoding circuit 7 receives from the read/write circuit
3 the data stream read and carries out the deformatting and the
decompression of the data according to the standard used by
the encoding circuit 2. After the deformatting and decompres-
s1on of the data, the decoding circuit 7 provides a digital video
signal and a digital audio signal, the two digital signals being
synchronized with one another with the aid of the information
marking the ends and/or starts of video frames.

The shaping circuit 8 recerves the digital audio and video
signals and transforms them into audio and video analog
output signals destined, for example, for a Hi-Fi chain 1n the
case of the audio signal and for a television in the case of the
video. During a straightforward reading of a DVD disk, the
digital audio and video signals have a rate corresponding to
the picture rate required at output. The shaping circuit 8
performs a conversion from digital to analog of the signals,
according to any suitable technique.

In DLT mode, reading and writing are performed 1n paral-
lel. The rate of data read corresponds to the write data rate.
The shaping circuit 8 performs the conversion of the audio
and video signals while compensating for them. For this
purpose, the shaping circuit 8 comprises a picture processing
circuit or processor 80 and a sound processing circuit or
processor 81. The sound processing circuit 81 comprises a
chopping circuit or module 82, a modification circuit or mod-
ule 83 and a recombination circuit or module 84.

FIG. 4 shows example time charts corresponding to a data
read carried out with a lower rate than the rate of pictures to be
restored. Stated otherwise, the signal of the analog source 1s
slowed down a little over the period considered.

The signal 200 corresponds to the digital video signal
received by the shaping circuit 8 at the same tempo as the
analog signal. The pictures I, to I, , follow one another at a
lower picture rate than the nominal picture rate. The signal
201 corresponds to the analog output signal, the frames I', to
I',, Tollow one another at the nominal picture rate which
corresponds for example to 50 frames per second. In the
figure, the ratio between the rate of pictures read and the rate
of pictures viewed 1s exaggerated so as to better depict the
phenomenon.

In the case of FIG. 4, the pictures 1., I,,, . . . are repeated so
as to take account of the overly slow rate of the source. To
avold jumps in the video signal restored, an interpolation 1s
pertormed by the circuit 80. Each picture I', 1s interpolated on
the basis of two successive pictures I, and I, which corre-
spond to the picture which precedes and to that which follows
the picture I'.. The picture processing causes a delay of the
trames I'; with respect to the frames 1. The delay 1s repre-
sented as equal to a frame but may be of the order of several
frames. In FIG. 4, the frames I',, I's, I',,, . . . correspond
respectively to the frames I, I, I,,, . . . and result from a
picture calculation with a zero or near-zero motion vector
with respect to the corresponding pictures read.

The signal 202 comprises a digital audio signal delayed by
the delay required for the interpolation of the frames. To
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retain the synchronization between the sound and the pic-
tures, the synchronization of the sound packets A-A,, cor-
responding to the rate of the pictures read 1s preserved. Now,
the number of sound samples 1s less than the number of
samples making 1t possible to perform the digital/analog con-
version at the normal sampling frequency.

An embodiment of the mnvention proposes to preserve the
synchronization of the sound with the original picture rate by
performing the digital/analog conversion at the sampling fre-
quency. Without any complementary processing, the audio
signal 203 would be obtained, consisting of the sound packets
A,-A,, reproduced correctly but spaced apart by blanks. To
{11l 1n the blanks, a processing 1s performed to obtain a suc-
cession of transtormed sound packets A’ -A', , whose dura-
tion corresponds to the rate of pictures read but whose pitch
corresponds to that of the packets A,-A,,. The frequency
content of the sound restored 1s therefore conserved. The
transformed sound packets A',-A',, are then assembled
together to form the signal 204. It 1s this signal 204 which 1s
then converted 1into an analog signal for restitution.

FIG. 5 shows example time charts corresponding to a data
read carried out with a higher rate of pictures read than the
rate of pictures to be restored, that 1s to say with a source that
1s momentarily too fast. The signal 210 corresponds to the
digital video signal recerved by the shaping circuit 8, the
pictures I,-1,, follow one another at a higher picture rate than
the nominal picture rate. The signal 211 corresponds to the
analog output signal, the pictures I', to I', , follow one another
at the nominal picture rate which corresponds for example to
50 frames per second.

In the example represented, the pictures I, I,,, . . . are
deleted to take account of the overly fast rate of the source. To
avold jumps 1n the restored video signal, an 1nterpolation 1s
performed by the circuit 80.

The picture interpolation 1s carried out 1n the same way as
previously. Each picture I', 1s interpolated on the basis of two
successive pictures I, and 1., , which correspond to the picture
which precedes and to that which follows the picture I',. The
picture processing causes a delay of the frames I', with respect
to the tframes L. In FIG. 5, the frames I'y, I', . . . correspond
respectively to frames I, I, . . . and result from a picture
calculation with a zero or near-zero motion vector with
respect to the corresponding pictures read.

The signal 212 corresponds to the digital audio signal
delayed by the delay required for the interpolation of the
frames. To retain synchronization between the sound and the
pictures, the synchronization of the sound packets A, -A,,
corresponding to the rate of the pictures read 1s preserved.
Now, the number of sound samples 1s greater than the number
of samples making 1t possible to perform the digital/analog
conversion at the normal sampling frequency.

It 1s not possible to preserve the synchronization of the
sound while preserving the same number of samples since the
correctly restored sound packets A, -A,, overlap as shown 1n
the example signal 213. A processing 1s performed to obtain
a succession of transtformed sound packets A',-A',, whose
duration corresponds to the rate of pictures read but whose
pitch corresponds to that of the packets A,-A,,. The trans-
formed sound packets A',-A', , are then assembled together to
form the signal 214. It 1s this signal 214 which 1s then con-
verted 1nto an analog signal.

The transformation of the sound packets A,-A,, may be
carried out 1n various ways, for example as illustrated by
FIGS. 6 to 9. Whatever way 1s used, the fact that, over a very
briel period, the sound 1s usually stationary, that 1s to say there
1s almost no alteration 1n its frequency content, especially 1ts
pitch, 1s exploited.
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The digital audio signal 1s chopped into packets of samples
in the chopping circuit 82. By way of example, the chopping
may correspond to the packets of samples A,-A,, corre-
sponding to the pictures read I,-I'*. However, it is possible to
carry out different choppings while preserving the synchro-
nization of the chopped packets with respect to the pictures
read. The modification of the chopped packets 1s carried out in
the modification circuit 83. Next, the modified packets are
assembled 1n the recombination circuit 84. The digital signal
thus obtained is then converted into an analog signal so as to
be provided to the sound amplification and restitution device.
The modifications performed by the modification circuit 83
correspond to changes of timing of the audio signal with
holding of the pitch.

FIG. 6 shows a first example of modifying packets of sound
samples A,-A,, by slowing down the timing of the audio
signal. A piece AA,or AA, of each packet A, or A, 1s copied.
The piece AA, or AA, copied corresponds to the latest
samples of the said packet A, or A,. The number of samples
copied corresponds to the number of samples missing
between two successive packets A -A, or A,-A,. The packets
A,-A, arethen assembled by intercalating the pieces AA, and
AA,, each piece copied being placed tor example at the end of
the packet from which 1t 1s extracted. A drawback to this
modification technique stems from the signal breaks at the
level of the joins between the packets and the pieces added.
This break may add a perceptible noise to the audio signal.

FIG. 7 shows an improvement of the procedure described
with reference to FIG. 6. Pieces AA, or AA, are copied into
the packets A, or A, but the number of samples of the pieces
1s slightly greater than the number of samples missing
between two successive packets. Next, the packets A,-A, and
the pieces AA,-AA, are attenuated at their ends by comple-
mentary functions over anumber of samples corresponding to
the samples added, for example five samples. The packets
A,-A, and the pieces AA-AA, are then summed at the level
of the attenuated ends so as to effect a progressive mixing. A
progressive mixing such as this reduces the impact of or
climinates the signal breaks related to the addition of a further
piece.

FIG. 8 shows an example of accelerating the timing of the
audio signal. The packets A,-A, are truncated by a part of
their samples so as to correspond to packets of smaller size
which correspond to the number of desired samples in the
time interval separating two packet starts. In order to perform
a progressive mixing ol the modified packets, the truncation
performed atfords a few further overlap samples. The overlap
samples are attenuated progressively so as to carry out pro-
gressive mixing by the addition of two successive modified
packets A',-A', or A’ -A',.

FIG. 9 shows a variant of modification of packets making it
possible to effect a slowing down or an acceleration of the
timing of the audio signal. A packet of samples A, of duration
T undergoes a Fourier transformation 92. A transformed
packet F. resulting from the Fourier transformation 1s then
representative of the spectral composition of the sample
packet A.. An inverse Fourier transformation 94 1s then car-
ried out but on a target A', which corresponds to a modified
packet of a different duration T" and comprising a number of
different samples. The modified packets A',_, to A’ , are then
placed one after another by carrying out a progressive mixing
at the levels of the packet junctions. The ratio T/T" corre-
sponds to the ratio of the duration of a picture read to the
duration of a picture at the nominal rate.

U.S. Pat. No. 5,952,596 1ssued to Kondo and entitled
Method of Changing Tempo and Pitch of Audio by Digital
Signal Processing may for example be consulted for other
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signal processing procedures making it possible to adjust the
timing of an audio signal without modifying its pitch.

Regardless of the variation 1n rate of the pictures read, the
picture synchronization performed by the picture processing,
circuit 80 facilitates determining the modifications to be per-
formed at the level of the sound processing circuit 81. How-
ever, the control circuit 9 can assist the synchronization by
signalling 1n advance the modifications to be performed on
the audio signal as a function of the modifications performed
at the level of the analog/digital converter 1.

The assembly consisting of the read/write circuit 3, the
read head 4, the disk 5 and the motor 6 may be dimensioned
so as to perform read and write operations more rapidly than
the nominal read and/or write, speed. It 1s thus possible to
perform a write of a data packet followed by the reading of
another data packet with a data rate such that these two
operations are performed 1n real time.

It 1s possible to use the disk 5 as read builer when the
analog signal at the mput of the analog digital converter
provides pictures at a rate higher than the nominal rate. The
control circuit 9 measures the picture advance between the
analog signal and the nominal rate. As long as this advance 1s
positive, the shaping circuit 8 can operate as for normal read-
ing of a disk since 1t 1s possible to read the data of the disk with
a delay with respect to the writing of these data. When the
advance of the analog signal becomes zero or negative, the
control circuit 9 toggles the manner of operation of the shap-
ing circuit 8 so as to compensate for the time drift of the signal
read.

In another variant, an embodiment of the invention
improves the restitution of an analog audio/video signal with-
out necessarily including means of digital storage. This vari-
ant may be applied directly to the output of a video recorder.
The analog/digital conversion circuit 1 1s then linked directly
to the shaping circuit 8. The processings performed on the
sound and the pictures are of the same nature as those 1ndi-
cated above.

The term “computer-readable medium” as used herein
refers to any medium that participates in providing nstruc-
tions to a system or a processor for execution. Such a medium
may take many forms, including but not limited to, non-
volatile media, and wvolatile media. Non-volatile media
includes, for example, hard, optical or magnetic disks. Vola-
tile media includes dynamic memory. Common forms of
computer-readable media include, for example, a tloppy disk,
a flexible disk, hard disk, magnetic tape, or any other mag-
netic medium, a CD-ROM, any other optical medium, punch
cards, paper tape, any other physical medium with patterns of
holes, a RAM, a PROM, EPROM and an FEPROM, a
FLASH-EEPROM, any other memory chip or cartridge, or
any other medium from which a computer can read.

All of the above U.S. patents, U.S. patent application pub-
lications, U.S. patent applications, foreign patents, foreign
patent applications and non-patent publications referred to in
this specification and/or listed 1n the Application Data Sheet,
are incorporated herein by reference, in their entirety.

From foregoing it will be appreciated that, although spe-
cific embodiments of the mnvention have been described
herein for purposes of 1llustration, various modifications may
be made without deviating from the spirit and scope of the
invention. Accordingly, the invention 1s not limited except as
by the appended claims.

What 1s claimed 1s:
1. A method, comprising:

receiving a source signal having sound and pictures at a
variable picture rate;
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calculating a sequence of pictures at a selected picture rate

based on the pictures of the source signal;

sampling the sound of the source signal so as to obtain a

sampled sound signal having a selected number of sound
samples per picture of the source signal; and

restoring the calculated picture sequence at the selected

picture rate and the sampled sound signal, 1n a manner
synchronized with the reception of the source signal,
wherein the sampled sound signal 1s restored substan-
tially without change of pitch, with an adjustment of
timing as a function of a ratio between the selected
picture rate and the variable picture rate.

2. The method of claim 1 wherein the calculated picture
sequence 1s restored by selectively deleting or repeating cer-
tain pictures of the said sequence, the deletion or repetition
being controlled as a function of the ratio between the
selected picture rate and the variable picture rate, with an
interpolation between successive pictures.

3. The method of claim 1 wherein the picture sequence and
the sampled sound signal are recorded on a digital recording
medium during their synchronized restitution.

4. The method of claim 1 wherein the timing adjustment
comprises the steps of:

chopping the sampled sound signal into sequences of given

length;
modifying the length of each sequence so that a ratio
between the modified sequence length and the sequence
of given length 1s substantially equal to a ratio between
the selected picture rate and the vaniable picture rate; and

assembling an output sound signal on the basis of the
modified sequences.
5. The method of claim 4 wherein modifying the length of
a sequence of given length comprises a copying of a part of
said sequence at the end of the sequence and the assembling
of the output sound signal comprises a progressive mixing of
two adjacent modified sequences.
6. The method of claim 4 wherein modifying the length of
a sequence of given length comprises a deletion of a part of
the sequence and the assembling of the output sound signal
comprises a progressive mixing of two adjacent modified
sequences.
7. The method of claim 4 1n which the modifying of a
sequence of given length comprises the steps of:
carrying out a Fourier transform of said sequence to obtain
a transformed sequence; and

carrying out an mverse Fourier transiform of the trans-
formed sequence over a duration corresponding to a
duration of the modified sequence so as to obtain the
modified sequence; wherein the assembling of the out-
put sound signal comprises a progressive mixing of two
adjacent modified sequences.

8. A device for restoring sound and pictures at a selected
picture rate comprising:

means for receiving a source signal having sound and pic-

tures at a variable picture rate;

means for calculating pictures so as to produce a sequence

of pictures at the selected picture rate on the basis of the
pictures of the source signal;
means for sampling the sound of the source signal so as to
obtain a sampled sound signal having a selected number
of sound samples per picture of the source signal;

means for restoring the calculated picture sequence at the
selected picture rate and the sampled sound signal, 1n a
manner synchronized with the reception of the source
signal; and

means ol timing adjustment so that the sampled sound

signal 1s restored substantially without change of pitch,
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with a timing adjusted as a function of a ratio between
the selected picture rate and the variable picture rate.

9. The device of claim 8 wherein the means for calculating,
pictures 1s configured to selectively delete or repeat certain
pictures of the sequence, the deletion or repetition being
controlled as a function of the ratio between the selected
picture rate and the variable picture rate, with an interpolation
between successive pictures.

10. A digital video player/recorder comprising:

means for receiving a source signal having sound and pic-

tures at a variable picture rate;

means for calculating pictures so as to produce a sequence

of pictures at the selected picture rate on the basis of the
pictures of the source signal;

means for sampling the sound of the source signal so as to
obtain a sampled sound signal having a selected number
of sound samples per picture of the source signal;

means of recording the calculated picture sequence and the
sampled sound signal on a digital recording medium;

means of audio and video restitution, that can be activated
in a simultaneous recording and restitution mode so as to
restore the calculated picture sequence at the selected
picture rate and the sampled sound signal in a manner
synchronized with the reception of the source signal;
and

means of timing adjustment activated in the simultaneous
recording and restitution mode so that the sampled
sound signal 1s restored substantially without change of
pitch, with a timing adjusted as a function of a ratio
between the selected picture rate and the variable picture
rate.

11. The digital video player/recorder of claim 10 wherein
the means of audio/video restitution comprises:

a chopper;
a length modifier; and
a combiner.

12. The digital video player/recorder of claim 10 wherein
the means for calculating pictures 1s configured to selectively
delete or repeat certain pictures of the sequence, the deletion
or repetition being controlled as a function of the ratio
between the selected picture rate and the varniable picture rate,
with an 1nterpolation between successive pictures.

13. A device for restoring sound and pictures at a selected

picture rate comprising:

a decoder configured to recerve a source signal having
sound and pictures at a variable picture rate and to pro-
duce a sequence of pictures at the selected picture rate on
the basis of the pictures of the source signal and a
sampled sound s1ignal having a selected number of sound
samples per picture of the source signal; and

a synchronizer configured to synchronize the sequence of
pictures at the selected picture rate and the sampled
sound s1gnal with the source signal so that the sampled
sound signal 1s restored substantially without change of
pitch, with a timing adjusted as a function of a ratio
between the selected picture rate and the variable picture
rate.

14. The device of claim 13 wherein the synchromizer is
configured to chop the sampled sound signal 1mto sequences
ol a selected length, copy a portion of a first sequence at an
end of the first sequence, apply an attenuation function to the
end of the first segment, apply a complementary attenuation
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function to an end of the copied portion of the first sequence,
and progressively mix the first sequence and the copied por-
tion of the first sequence.

15. The device of claim 13 wherein the synchronizer 1s
configured to chop the sampled sound signal 1nto sequences
of a selected length and modily a length of a first sequence to
obtain a first modified sequence by, carrying out a Fourier
transform of the first sequence to obtain a transformed
sequence, carrying out an inverse Fourier transform of the
transformed sequence over a duration corresponding to a
duration of the first modified sequence to obtain the first
modified sequence.

16. The device of claim 13 wherein the decoder 1s config-
ured to selectively delete or repeat certain pictures of the
sequence, the deletion or repetition being controlled as a
function of the ratio between the selected picture rate and the
variable picture rate, with an interpolation between succes-
s1ve pictures.

17. A digital video player/recorder comprising:

signal processing circuitry configured to:

receive a source signal having sound and pictures at a
variable picture rate;

calculate pictures so as to produce a sequence of pictures
at the selected picture rate on the basis of the pictures
of the source signal;

sample the sound of the source signal so as to obtain a
sampled sound signal having a selected number of
sound samples per picture of the source signal; and

simultaneously control recording of the calculated pic-
ture sequence and the sampled sound signal on a
digital recording medium and restoration of the cal-
culated picture sequence and the sampled sound sig-
nal 1n a manner synchronized with the reception of the
source signal substantially without change of pitch,
with a timing adjusted as a function of a ratio between
the selected picture rate and the variable picture rate;
and

a digital storage assembly.

18. The digital video player/recorder of claim 17 wherein
the signal processing circuitry comprises:

a chopper;

a length modifier; and

a combiner.

19. The digital video player/recorder of claim 18 wherein
the chopper 1s configured to chop the sampled sound signal
into sequences of a given length, the length modifier 1s con-
figured to modily a sequence by copying a part of the
sequence at the end of the sequence, and the combiner 1s
configured to progressive mix two adjacent modified
sequences.

20. The digital video player/encoder of claim 18 wherein
the chopper 1s configured to chop the sampled sound signal
into sequences of a given length, the length modifier 1s con-
figured to modity the length of a sequence by deleting of a
part of the sequence and the combiner 1s configured to pro-
gressively mix two adjacent modified sequences.

21. The digital video player/encoder of claim 17 wherein
the signal processing circuitry 1s configured to selectively
delete or repeat certain pictures of the sequence, the deletion
or repetition being controlled as a function of the ratio
between the selected picture rate and the vanable picture rate,
with an 1nterpolation between successive pictures.
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